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METHOD AND APPARATUS FOR
IDENTIFYING VIDEO PROGRAM

MATERIAL OR CONTENT VIA
DIFFERENTIAL SIGNALS

BACKGROUND

The present invention relates to i1dentification of video
content, e.g., video program material such as movies and or
television (TV) programs, via a sound channel.

Previous methods for identitying video content (Compris-
ing the sound channel) included watermarking each frame of
the video program or adding a watermark to the audio sound
track. However, the watermarking process requires that the
video content be watermarked prior to distribution and or
transmission.

SUMMARY

An embodiment for identifying video programs and or
movies, or the like, utilizes the storage of difference signals,
and the comparison of one or more known or identified dii-
terence signal(s) to a recerved, unknown video signal which
has been processed to provide a difference signal. For
example, a difference signal, in the pixel or frequency trans-
form domain, may include difference (signals of) frames or
fields of a video signal. In providing a difference frame or
field signal, much of the static scenery 1s removed or attenu-
ated and thus provides a smaller set of signals (representing
motional vectors, movement, and or scene change) to store
and analyze for identification. For example, the motional
information from video frames of a database or library is
compared to motional information of a recerved video pro-
gram signal to provide 1dentification.

The difference signal may be analyzed 1n terms of trans-
forms and or histograms. For example, Fourier Transforms
such as a Discrete Fourier Transtform (DFT), Fast Fourier
Transtorm (FFT), Cosine Transform (CT), Discrete Cosine
Transtorm (DCT), and Wavelet Transform (WT) are
examples of transforms. In providing a difference signal, a
delay element or module 1s included. This delay element or
module may delay a signal a fixed or time varying amount.
For example the amount of delay may be a function of the
time code read or associated with the received (unknown)
video signal, and or the video programs/signals 1n a database
or library of identified video programs. In another example,
the delay element may delay a video signal by a fixed amount
such as substantially a period or duration of one television
field or frame.

Yet another embodiment includes 1dentifying video pro-
grams analyzing vertical video frequencies of the mncoming
two dimensional video signal. A variant of this embodiment 1s
to arbitrarily rotate, such as 1n a rotation range of 0 to 180
degrees inclusive; the image pixels and “slice” one or more
lines of one or more slopes to provide a signal for analysis,
such as in terms of frequency content via transforms and or
histograms (as previously mentioned).

For another embodiment, an alternative to finding the fre-
quency transformation of a signal utilizes one or more filter
banks. For example, a real time spectrum analyzer, utilizing
one or more filter banks, provides for one or more frequency
bands, the relative frequency component or strength as a
function of time and or television (line) period of the hor-
zontal and or vertical direction (or vice versa).

An embodiment may include masking or including a
region 1n a displayed area for analysis in terms of transforms,
filter banks, and or histograms. For example an upper and or
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2

lower portion of one or more frames of the video signal 1s
provided for analysis while excluding a portion of the center.

For compressed video signal formats such as MPEGxx, 1,
B, and or P frames comprise a set of frames or group of
pictures (GOP), which may be provided for identification
purposes. The set of frames or GOP may provide a difference
signal, wherein one or more I, B, and or P frames are used for
identification purposes. For example, a difference between
successive I, B, and or P frames provides data for identifying
a video program. In a further example, a difference between I
and P (or I and B, or P and B) frames provides data for
identifying a video program. In another example, within a
group of pictures (GOP) a difference between I, P, and or B
frames may be derived to provide one or more difference
signals for idenfification. Identification with difference
frames may be associated with time code, wherein time code
provides additional information for linking or associating to
one or more difference frame signal.

In another example, in a MPEGxx format, I and or P frames
are reference frames for a GOP, so the difference 1n (values
ol) two dimensional pixels and or discrete cosine transforms
(DCT) of I and or P frames (or reference frames of one or
more GOP), may be provided for identification purposes. For
instance, a difference signal from two dimensional pixels and
or DCT of I and or P frames, may be combined with other
information such as time code, DVS (Descriptive Video Sys-
tem)/SAP (Secondary Audio Program) signals, closed cap-
tion data, soundtrack signal(s), and or text data for identifying
a video program or movie.

In some video program material, the dialog from the sound
track 1s substantially dedicated to a particular channel such as
a center channel in a multiple sound channel system. This
dedicated dialog channel may be processed into text data via
a speech processor or voice recognition algorithm. However,
in many movies or video programs, the music and voice
portions of the sound track are mixed together.

Accordingly, an embodiment provides a method of sepa-
rating voices or speech information from the soundtrack,
which then can be coupled to a speech processor or voice
recognition algorithm for conversion into text. The converted
text from a video source or movie 1s then compared with a
library or database of dialog word information of correspond-
ing, known movies or video programs, for identification of
the “unknown” video material.

Embodiments 1nclude converting audio signals from the
Descriptive Video Service (DVS) or Secondary Audio Pro-
gram (SAP) to text for identification purposes, and converting
an audio signal mixed 1 with music to text via filtering,
modulation, and or nonlinear transformations. Pertaining to
the latter method, modulation may include amplitude modu-
lation (e.g., single sideband frequency spectrum translation)
and or one or more filters that may include frequency multi-
pliers or distortion generation as part of a system to convert an
audio soundtrack signal into text.

Thus, 1n an embodiment imnvolving modulation, an audio
channel or sound track i1s band pass filtered 1n a narrow band
manner, which may be generally not intelligible to an average
listener (e.g., because the band pass audio signal 1s too low 1n
frequency content so as to provide a muilled effect). By using
frequency translation, for example, translating a lower fre-
quency (narrow band) spectrum to a high frequency spec-
trum, suificient intelligibility 1s provided for a person and or
for a speech processor (voice recognition), whereby 1identifi-
cation of the movie or video program 1s provided. The narrow
band filtering provides rejection from the music of mostly the
musical signals or frequencies that are mixed in with the voice
information.
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Another embodiment 1involves narrow band pass filtering
of the sound track to substantially remove music. However,
this narrow band pass filter may include a filter bank of one or
more narrower bandwidth filters (each) coupled to one or
more distortion generating circuits or nonlinear transforma-
tions, to provide harmonics of the frequencies passing
through the filter bank. This provides a ‘re-creation” of lost
harmonics of the voice signal to provide intelligibility for
voice recognition or speech processing. Accordingly, FIGS.
6 A through 9F 1illustrate various embodiments pertaining to
modulation and or harmonic or distortion generation (nonlin-
car transformation) for identifying a movie or video program
(for example, via processing an audio channel or soundtrack).

Another embodiment provides 1dentification of video con-
tent without necessarily altering the video content via finger-
printing or watermarking prior to distribution or transmis-
sion. Descriptive Video Service (DVS) or Secondary Audio
Program (SAP) data 1s added or 1nserted with the video pro-
gram for digital video disc (DVD), Blu-ray disc, or transmis-
sion. The DVS or SAP data, which generally 1s an audio
signal, may be represented by an alpha-numeric text code or
text data via a speech to text converter (e.g., speech recogni-
tion software). Text (data) or speech consumes much less bits
or bytes than video or musical signals. Therefore, example
alternatives may include one or more of the following func-
tions and/or systems:

A library or database of DVS or SAP data such as dialog or

words used 1n the video content.

Receipt and retrieving of DVS or SAP data via a recorded
medium or via a link (e.g., broadcast, phone line, cable,
IPTV, RF transmission, optical transmission, or the
like).

Comparison of the DVS or SAP data, which may be con-
verted to a text file, to the text data of the library or
database.

Alternatively, the library or database may include script(s)
from the video program (e.g., a DVS or SAP script) to
compare with the DVS or SAP data (or closed caption
text data) recerved via the recorded medium or link.

Time code received foraudio (e.g., AC-3), and or for video,
may be combined with any of the above examples for
identification purposes.

In one embodiment, a short sampling of the video program

1s made, such as anywhere from one TV field’s duration (e.g.,
60 or Y50 of a second) to one or more seconds. In this
example, the DVS or SAP signal exists, so 1t 1s possible to
identify the video content or program material based on sam-
pling a duration of one (or more) frame or ficld. Along with
capturing the DVS or SAP signal, a pixel or frequency analy-
s1s of the video signal maybe done as well for 1dentification
pUrposes.

For example, a relative average picture level in one or more
section (e.g., quadrant, or divided frame or field) during the
capture or sampling interval, may be used.

Another embodiment may include histogram analysis of,
for example, the luminance (Y) and or signal color, e.g.,
(R-Y); and or (B-Y) or I, Q, U, and or V, or equivalent such as
Pr and or Pb channels. The histogram may map one or more
pixels 1 a group throughout at least a portion of the video
frame for 1dentification purposes. For a composite, S-Video,
and or Y/C video signal or RF signal, a distribution of the
color subcarrier signal may be provided for identification of a
program material. For example a distribution of subcarrier
amplitudes and or phases (e.g., for an interval within or
including O to 360 degrees) 1n selected pixels of lines and or
fields or frames may be provided to 1dentity video program
material. The distribution of subcarrier phases (or subcarrier
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4

amplitudes) may include a color (subcarrier) signal whose
saturation or amplitude level 1s above or below a selected
level. Another distribution pertaining to color information for
a color subcarrier signal includes a frequency spectrum dis-
tribution, for example, of sidebands (upper and or lower) of
the subcarrier frequency such as for NTSC, PAL, and or
SECAM, which may be used for identification of a video
program. Windowed or short time Fourier Transforms may be
used for providing a distribution for the luminance, color, and
or subcarrier video signals (e.g., for identifying video pro-
gram material ). Another example may include a histogram of
(DCT) coelficients for I, B, and or P frames of a compressed
video source, such as an MPEGxX video stream.

An example of a histogram divides at least a portion of a
frame 1nto a set of pixels. Each pixel 1s assigned a signal level.
The histogram thus includes a range of pixel values (e.g.,
0-2355 for an 8 bit system) on one axis, and the number of
pixels falling mto the range of pixel values are tabulated,
accumulated, and or integrated.

In an example, the histogram has 256 bins ranging from O
to 255. A frame of video 1s analyzed for pixel values at each
location 1(x,y).

If there are 1000 pixels in the frame of video, a dark scene
would have most of the histogram distribution in the 0-10
range for example. In particular, 1f the scene 1s totally black,
the histogram would have a reading of 1000 for bin 0, and zero
for bins 1 through 255. Of course the number of bins may
include a group of two or more pixels.

Alternatively, i the frequency domain, Fourier, DCT, or
Wavelet analysis may be used for analyzing one or more
video field and or frame during the sampling or capture inter-
val.

Here the coetficients of Fourier Transtorm, Cosine Trans-
tform, DCT, or Wavelet functions may be mapped 1nto a his-
togram distribution.

To save on computation, one or more field or frame may be
transformed to alower resolution picture for frequency analy-
s1s, or pi1xels may be averaged or binned.

Frequency domain or time or pixel domain analysis may
include recerving the video signal and performing high pass,
low pass, band eject, and or band pass filtering for one or more
dimensions. A comparator may be used for ‘slicing” at a
particular level to provide a line art transformation of the
video picture 1n one or two dimensions. A frequency analysis
(e.g., Fourier or Wavelet, or coelficients of Fourier or Wavelet
transforms) may be done on the newly provided line art pic-
ture. Alternatively, since line art pictures are compact 1n data
requirements, a time or pixel domain comparison between the
library’s or data base’s information may be compared with a
received video program that has been transformed to a line art
picture.

The data base and or library may then include pixel or time
domain or frequency domain information based on a line art
version of the video program, to compare against the sampled
or captured video signal. A portion of one or more fields or
frames may be used 1n the comparison.

In another embodiment, one or more fields or frames may
be enhanced in a particular direction to provide outlines or
line art. For example, a picture 1s made of a series of pixels 1n
rows and columns. Pixels in one or more rows may be
enhanced for edge information by a high pass filter function
along the one dimensional rows of pixels. The high pass
filtering function may 1include a Laplacian (double dertvative)
and or a Gradient (single derivative) function (along at least
one axis). As a result of performing the high pass filter func-
tion along the rows of pixels, the video field or frame provides




US 8,761,545 B2

S

more clearly identified lines along the vertical axis (e.g.,
up-down, down-up), or perpendicular or normal to the rows.

Similarly, enhancement of the pixels 1n one or more col-
umns provides 1dentified lines along the horizontal axis (e.g.,
side to side, or lett to right, right to lett), or perpendicular or
normal to the columns.

The edges or lines 1n the vertical and or horizontal axes
allow for unique 1dentifiers for one or more fields or frames of
a video program. In some cases, either vertical or horizontal
edges or lines are suilicient for 1dentification purposes, and
using one axis requires less (e.g., hall) computation for analy-
s1s than analyzing for curves of lines 1n both axes.

It 1s noted that the video program’s field or frame may be
rotated, for example, at an angle in the range 01 0-360 degrees,
relative to an X or Y axis prior or after the high pass filtering
process, to find identifiable lines at angles outside the vertical
or horizontal axis.

BRIEF DESCRIPTION OF THE FIGURES

FIG. 1 1s a block diagram 1llustrating an embodiment uti-
lizing alpha and or numerical text data.

FIG. 2 1s a block diagram 1llustrating another embodiment
utilizing one or more data readers or converters.

FIG. 3 1s a block diagram illustrating an alternative
embodiment utilizing any combination of histogram, DVS/
SAP, closed caption, teletext, time code, and or a movie/
program script data base.

FIG. 4A 1s a block diagram illustrating an embodiment
utilizing a rendering transform or function.

FIG. 4B 1llustrates an example of a delay element or mod-
ule.

FI1G. 4C illustrates examples of a frame, field, and or line
delay element.

FIG. 4D illustrates an example of frame or field rotation
and or a transformation.

FIG. 4F 1illustrates frequency analysis via one or more

transforms and or a filter bank.

FI1G. 4F illustrates a module of a filter bank and or histo-
gram.

FIG. 4G 1llustrates an example of a filter bank and or
histogram.

FI1G. 4H 1llustrates an example of masking.

FIG. 41 shows an example of I, B, and P frames for a
compressed video signal.

FIGS. 5A-5D are pictonals illustrating examples of ren-
dering.

FIG. 6 A shows a graph illustrating a typical audio spec-
trum of sound track.

FIG. 6B shows a graph illustrating a typical audio spectrum
of speech within a sound track.

FIG. 6C shows a graph illustrating a (first) sub-band of the
spectrum of speech signals.

FIG. 6D shows a graph illustrating a translated frequency
spectrum of a (first) sub-band of frequencies.

FIG. 6E shows a graph illustrating a (second) sub-band of
the spectrum of speech signals.

FIG. 6F shows a graph 1llustrating a translated frequency
spectrum of a (second) sub-band of frequencies.

FIG. 7A 1s a block diagram of a general 1llustration of an
embodiment.

FIG. 7B 1s a block diagram 1llustrating a filter (band-pass,
low pass, high pass, comb, reject), which may be used as part
of any of the embodiments for processing a sound track or
audio channel.
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FIG. 7C 1s a block diagram 1llustrating a frequency trans-
lator (e.g., IQ modulator, AM system, Weaver single side

band processor, or digital signal processor).

FIG. 7D 1s a block diagram 1llustrating a single side band
modulator (e.g., double side band modulation with filtering
one of the sidebands, 1QQ modulator, Weaver Modulator, DSP,
digital signal processing).

FIG. 7E 1s a block diagram illustrating an embodiment
including (spectrum) frequency translation.

FIG. 8A 1s a block diagram 1illustrating an embodiment
including a harmonic or distortion generator.

FIG. 8B 1s a block diagram illustrating an embodiment
including a filter bank.

FIG. 9A 1s a graph of an example of a frequency response
or spectrum using one or more filters.

FIG. 9B 1s a block diagram illustrating an embodiment
including one or more distortion or nonlinear transforma-
tions.

FIG. 9C 1s a block diagram 1llustrating nonlinear transfor-
mation.

FIG. 9D 1s a block diagram 1llustrating another example of
nonlinear transformation.

FIG. 9E 1s a block diagram 1illustrating frequency transla-
tion transformation.

FIG. 9F 1s a block diagram 1illustrating another example of
frequency translation transformation.

FIG. 10 shows a diagrammatic representation of a machine
in the form of a computer system within which a set of
instructions, for causing the machine to perform any one or
more ol the methodologies discussed herein, may be
executed, according to an example embodiment.

DETAILED DESCRIPTION

FIG. 1 illustrates an embodiment for identifying program
material such as movies or television programs. A system for
identifying program material includes DVS/SAP signals
from a DVS/SAP database 10. Database 10 includes Short
Time Fourier Transforms (STFT) or a transform of the audio
signals of a Descriptive Video Service (DVS) or Secondary
Audio Program (SAP) signal. A library 1s built up from these
transforms that are tied to particular movies or video pro-
grams, which can then be compared with received program
maternial from a program material source 13 for identification
purposes. The system in FIG. 1 may (further) include a DVS/
SAP (and or movie) script library database 11, which includes
(text) descriptive narration and or dialog of the performers, a
closed caption data base or text data base from closed caption
signals, and or time code that may be used to locate a particu-
lar phrase or word during the program material.

The DVS/SAP/movie script library/database 11 includes
(descriptive) narration (e.g., in text) and or the dialogs of the
characters of the program material. The (DVS or SAP text)
scripts may be divided by chapters, or may be linked to a time
line 1 accordance with the program (e.g., movie, video pro-
gram). The stored (DVS or SAP text) scripts may be used for
later retrieval, for example, for comparison with DVS/SAP
scripts from a recerved video program or movie, for identifi-
cation purposes.

A text or closed caption data base 12 includes text that 1s
converted from closed caption or the closed caption data
signals, which are stored and may be retrieved later. The
closed caption signal may be recerved from a vertical blank-
ing interval signal or from a digital television data or transport
stream (e.g., such as MPEG-x)

Time code data 13, which is tied or related to the program

material, provides another attribute to be used for identifica-
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tion purposes. For example, 1f the program material has a
DVS narrative or closed caption phrase, word or text of “X” at
a particular time, the 1dentity of the program material can be
sorted out faster or more etliciently. Similarly, 11 at time “X”
the Fourier Transform (or STFT) of the DVS or SAP signal
has a particular profile, the identity of the program can be
sorted out faster or more accurately.

The information from blocks 10, 11, 12, and or 13 1is
supplied to a combining function (depicted as block 14),
which generates reference data. This reference data i1s sup-
plied to a comparing function (depicted as block 16). The
comparing function 16 also receives data from program mate-
rial source 15 by way of processing function 9, which data
may be a segment of the program material (e.g., 1 second to
>]1 minute). Video data from source 15 may include closed
caption information, which then may be compared to DVS/
SAP signals, DVS/SAP text, closed caption information or
signals from the reference data, supplied via the closed cap-
tion database 12, DVS/SAP/movie script library or database
11, or via the DVS/SAP database 10. Time code information
from the program material source 15 and processing function
9 may be included and used for comparison purposes with the
reference data.

Processing function 9 may include a processor to convert a
DVS/SAP/LFE (low frequency effect) signal from the pro-
gram video signal or movie of program material source 135
into frequency components (spectral analysis) such as DCT
(Discrete Cosine Transform), DFT (Discrete Fourier Trans-
torm), Wavelets, FFT (Fast Fourier Transtorm), STFT (Short
Time Fourier Transform), FT (Fourier Transform), or the like.
The frequency components such as frequency coetficients of
the DVS/SAP/LFE audio channel(s) are then compared, via
comparing function 16, to frequency components (coeill-
cients) ol known movies or video programs for identification.
Time code also may be used to associate a time when the
specific frequency components occurred for the library ref-
erence (13) and for the recerved video or movie from source
15, for identification purpose(s).

In another embodiment, processor 9 may include a speech
to text processor for converting DVS/SAP (audio) signals
from video or movie source 15 to text. This converted text
associated with words from the DVS or SAP channel 1s com-
pared via comparing function 16 to a library/database 11 of
DVS/SAP text from known movies or video programs. The
library/database 11 for example, may include transcribed text
from listening to the DVS/SAP channel(s) or from converting
the audio signal of the DVS/SAP channel(s) to text (via a
computer algorithm) for known (1dentified) video programs
Or MOVIES.

Processing function 9 may then include a time (domain)
signal to frequency (domain) component converter and or an
audio signal to text converter, for example, for identification
purposes.

Yet another embodiment includes a configuration wherein
the processing function 9 reads or extracts closed caption and
or time code (or teletext) data from the video signal (movie or
TV program) recetved from the program material source 15.
A portion or all of the closed caption and or time code (or
teletext) data 1s compared with the (retrieved) reference (li-
brary) data via the blocks 14, 13, and or 12.

Thus, 1n one embodiment, processing function 9 may pro-
cess or transform any combination of time code, close cap-
tion, teletext, DVS, and or SAP data or signals. For example,
the processing may include extracting, reading, converting,
audio to text, and or performing (frequency) transformations
(e.g., STFT, F'T, DFT, FFT, DCT, Wavelets or Wavelet Trans-

form, etc.).
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Performing transformations may be done on (received)
program material from source 15 including DVS/SAP and or
one or more channels of the audio signal, e.g., AC-3, 3.1
channel or LFE (Low Frequency Effects) such as in F1G. 3. A
library or database contaiming the identified or known trans-
formations of the audio signal then 1s used for comparing, via
comparing function 16, to the program material from source
15, for identifying the received (“unknown”) program mate-
rial.

The comparing function 16 may include a controller and or
algorithm to search, via the reference data, incoming infor-
mation or signals such as, for example, DVS/SAP or closed
caption signals or text information from the program material
source 15.

The output of the comparing function 16, after one or more
segments, 1s analyzed to provide an identified title or other
data (names ol performers or crew) associated with the
received program material.

FIG. 2 1illustrates a video source 15', which may be an
analog or digital source, such as illustrated by the program
material source 15 of FIG. 1. For an analog source, the DVS
or SAP signal 1s an analog audio signal. For example, the
DVS signal may be a band limited audio signal that generally
1s limited to the spoken words without special effects or
music. Because of this limitation to just speech, the DVS
channel(s) allows for easier translation from audio to text via
a speech recognition algorithm. That 1s, for example, a speech
recognition system 1s not “confused” with music or special
elfects sounds.

For a digital video source, the DVS or SAP audio signal
may be 1n a digitized form or in discrete time. As mentioned
above, this digitized DVS/S AP audio signal may be converted
to text via a speech to text converter (e.g., via speech recog-
nition software). Another source for i1dentification may
include sound channels of the Dolby AC-3 Surround Sound
5.1 system. For example, the 5.1 channel or LFE (Low Fre-
quency Elffect(s)) channel may be analyzed via STF'T or other
transforms. Since the LFE channel 1s limited to special or
sound eflects 1n general, a particular movie will tend to have
a particular sound effect or special effect, which provides
means for identification. One example 1nserts any of the sig-
nals mentioned 1n an MPEG-x or JPEG 2000 b1t stream. The
digital video signal may be provided from recorded media
such as a CD, DVD, Blu-ray disc, hard drive, tape, or solid
state memory. Transmitted digital video signals may be pro-
vided via a delivery network, L AN, Internet, intranet, phone
line, W1F1, WiMax, cable, RF, ATSC, DTV, and or HDTV.

The program material source 15' for example 1ncludes a
time code, closed caption, DVS/SAP, and or teletext reader
for reading the recerved digital or analog video signal. It
should be noted that closed caption and or time code may be
embedded 1n a portion of the vertical blanking interval of a

TV signal (e.g., analog), or 1n a portion of the MPEG-x or
JPEG 2000 data (transport) stream.

The output of the reader(s) thus includes a DVS/SAP, time
code, closed caption, and or teletext signal, (which may be
converted to text symbols) for comparing against a database
or library for identification purpose(s). The output of source
15' may include information related to STEFT or Fourier trans-
forms of the DVS/SAP, AC-3 (LFE), and or closed caption
signal. This STF'T or equivalent information 1s used for com-
parison to a database or library for identification purposes.

FIG. 3 illustrates an alternative embodiment, which
includes histogram information from a histogram database
17, information from DVS/SAP 10, and or information from
a Dolby Surround Sound AC-3 5.1 or LFE (Low Frequency
Effect(s)) channel. A database representing the STFT or
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equivalent transform on the LFE channel of one or more
movies or video programs 1s illustrated as database 19. As
mentioned 1n FIG. 1, block 10 represents a database for DVS/
SAP information for one or more movies or video programs.
This DVS/SAP information may be 1n the form of STFT or
equivalent transform or (converted) text (via speech recogni-
tion) for one or more movies or video programs. For 1denti-
fying a movie or program, any combination of LFE informa-
tion, histogram, DVS/SAP, teletext, time code, closed
caption, and or (movie) script may be used.

Histogram info nation may include pixel (group) distribu-
tion ol luminance, color, and or color difference signals.
Alternatively, histogram information may include coetfi-
cients for cosine, Fourier, and or Wavelet transforms. The
histogram may provide a distribution over an area of a video
frame or field, or over specific lines/segments (of for example
any angle or length), rows, and or columuns.

For example, for each movie or video program stored 1n a
database or library, histogram information 1s provided for at
least a portion of a set of frames or fields or lines/segments. A
received video signal then 1s processed to provide histogram
data, which 1s then compared to the stored histograms 1n the
database or library to 1identily amovie or video program. With
the data from closed caption, time code, or teletext combined
with the histogram information, identification of the movie or
video program 1s provided, which may include a faster or
more accurate search.

The histogram may be sampled every N frames to reduce
storage and or increase search efficiency. For example, sam-
pling for pixel distribution or coellicients of transforms in a
periodic but less than 100% duty cycle, allows more efficient
or faster 1dentification of the video program or movie.

Similarly 1n the MPEG-x or compressed video format,
information related to motion vectors or change 1n a scene
may be stored and compared against incoming video that 1s to
be identified. Information in selected P frames and or I frames
may be used for the histogram for identification purposes.

In some video transport streams, pyramid coding 1s done to
allow providing video programming at different resolutions.
In some cases lower resolution representation of any of the
video fields or frames may be utilized for identification pur-
poses, which requires less storage and or provides more etfi-
cient or faster identification.

Radon transforms may be used as a method of identifying,
program material. In the Radon transform, lines or segments
are prvoted or rotated on an ornigin, for example (0,0) for
(L1 CIL] of the plane of two dimension Fourier or Radon
coellicients. By generating the Radon transform for specific
discrete angles such as fractional multiples of L] k[ | where
k<1 and a rational or real number, the number of coefficients
of the video picture’s frame or field calculations 1s reduced.
By using an inverse Radon transtorm, an approximation of a
selected video field or frame 1s reproduced or provided, which
can be used for identification purposes.

The coetlicients of the Radon transform as a function of an
angle may be mapped 1nto a histogram representation, which
can be used for comparison against a known database of
Radon transforms for identification purposes.

FI1G. 3 illustrates, via the block 17, a histogram database of
video programs or movies coupled to a combining function,
for example, combining function 14'. Since the circuits of
FIG. 3 are generally similar to those of FIG. 1, like compo-
nents 1n FIG. 3 are identified by similar numerals, with addi-
tion of a prime symbol for components with some differ-
ences. Also coupled to the combining function 14' i1s a
database 12' for providing teletext, closed caption, and or time
code signals, database 10 providing DVS/SAP information,
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and or database 19 providing AC-3 LFE information. A script
library or database 11' also may be coupled to combining
function 14'. Any combination of the blocks 17, 12', 10, 19,
and or 11' may be used via the combining function 14' as
reference data for comparison, via a comparing function 16',
against a video data signal supplied to an input IN2 of func-
tion 16', to 1dentify a selected video program or movie. A
controller 18 may retrieve reference data via the blocks 14",
17,12, 10,19, and or 11' when searching for a closest match
to the recerved video data signal.

The video program or movie may be provided via a video
source and processing function such as, for example program
material source 15 and processing function 9 of FIG. 1.

Thus, an embodiment includes for example an identifying,
system for movies or video programs comprising a library or
database, a processor for the “unknown” video program, and
or a comparing function to mnitiate the identification process.
The library or database may be any combination of transior-
mations (e.g., frequency transformations or transforms) of
audio signals including LFE, SAP, DVS, and or of a library of
text based information, or alpha-numeric data/symbols from
any combination of teletext, closed caption, time code, and or
speech to text from a DVS/SAP/soundtrack. The identifying
system may include a processor to recetve or extract teletext,
time code, closed caption data from the “unknown” movie or
video program, or may include a processor to convert an
audio data or signal to a text data signal taken from the
DVS/SAP channel of the “unknown” movie or video pro-
gram. The i1dentitying system may include a processor for
providing a frequency transiformation (or transforms) of the
SAP/DVS/LEFE channel from the “unknown’™ movie or video
program. The comparing function (part of the identifying
system) then compares any combination of time code, tele-
text, text from DVS/SAP, and or (any combination of) fre-
quency transformations from DVS/SAP/LFE, between a
(known reference) library/database and the ‘“unknown”
movie or video program, to identify the “unknown” movie or
video program.

FIG. 4A 1illustrates an alternative embodiment for 1denti-
tying movies or video programs. A movie or video database
21, 1s rendered via rendering function or circuit 22 to provide
a “sketch” of the original movie or video program. For
example, a 24 bit color representation of a video frame or field
1s reduced to a line art picture 1n color or black and white. The
line art picture provides suilicient details or outlines of
selected frames or fields of the video program for identifica-
tion purposes, while reducing required storage space. The
rendered movie or video programs are stored in a database 23
for subsequent comparison with a recerved video program. A
first input of a comparing function or circuit 25 1s coupled to
the output of the rendered movie or video program database
23. The recerved video program 1s also rendered via a render-
ing function or circuit 24 and coupled to the comparing func-
tion or circuit 25 via a second 1nput.

An output of the comparing function or circuit 25 provides
an 1dentifier for the video signal recerved by the rendering
function or circuit 24.

FIG. 4B shows an exemplary embodiment of rendering,
processing, or modifying a video signal to provide 1dentifi-
cation of a video program. A video signal 1s coupled to an
input of a delay element or module 411. The output of delay
module 411 1s coupled to one 1input of a combining element or
module 412. A second 1nput of combining module 412 1s
coupled to the input video signal. An output of the combining
clement or module 412 then provides a processed or modified
video signal for identification purposes. For example, as indi-
cated 1n FIG. 4B, the output of combining element or module
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412 provides the difference of the input signal and the delayed
signal, or vice versa. Alternatively, element or module 412
can provide the sum or negative sum of the imput signal and
the delayed signal. In one embodiment, the difference
between the input video signal and the delayed video signal
(or vice versa) provides less information for storage and or

provides only changes from one scene to another. That 1s,
static information in the video scene 1s attenuated or removed,
leaving information representing changes in the scenes of
movies or video programs. For example, a difference signal
between an input video signal and a delayed input signal (e.g.,
delay by one field or frame) may provide or include substan-
tially motion or non static scenes of the input video signal. A
difference signal may include a scene change such as a cut,
wipe or dissolve from one scene to another. As a result of
synthesizing a difference (e.g., field or frame) signal, less
information needs to be stored, which allows for more effi-
cient 1identification since less information 1s analyzed.

In another embodiment, wherein the combining element or
module 412 sums the video signal with the delayed video
signal, the resulting output of module 412 contains an aver-
aging signal, which can be used for identification purposes.

An exemplary 1dentification system includes a library or
data base of known or i1dentified program material such as
movies or video programs. The video program(s) 1s delayed
then and combined, for example, 1n a difference mode or
summing mode, to provide a modified video signal. The
modified video signal then may be further analyzed for pixel,
and or frequency, information and then stored 1n a library for
comparison to an incoming or recerved (unknown) video
signal for identification. The incoming or recerved signal 1s
processed or modified in substantially the same manner as
previously mentioned for the known video programs in the
library or data base.

In terms of analysis for pixel information, luminance and
or color information channel(s) of the modified or video
signal from the combining element or module 412 may be
stored for comparison and or identification. Alternatively, one
or more frequency transforms may be applied to the output of
the module 412 to provide coellicients of a Fast Fourier
Transform, Discrete Cosine Transform, Radon Transform,
Wavelet Transform, Discrete Fourier Transform, or the like.
The output of module 412 may comprise a luminance, color
difference, chroma, and or composite signal. The coefficients
of the one or more transiforms are stored for comparison
purposes, which enables subsequent identification of the
received or incoming (unknown) video program.

FI1G. 4C shows examples of delay elements or modules. In
module 411A, the delay 1s set by M field(s) or N frame(s),
where M or N 1s a (real) number greater than zero. For
example, M or N=0.5, M or N=1, M or N=2. Typically for
instance, M or N=1 for a one field or one frame delay. It a
difference module 1s provided such as 1n combining element
or module 412 of FIG. 4B, “present” and delayed fields or
frames are subtracted from each other to provide a modified
or processed signal for identification purposes. For example,
in FIG. 4B, the delay element or module 1s set to a duration of
one television field or frame, wherein a difference signal 1s
provided by subtracting the delayed input signal from the
input signal. The difference signal in this example provides
motional mnformation or information related to motion vec-
tors, which may be used for identification of a received (un-
known) video signal. It 1s noted that a summing mode from
module 412 may be used, for example, to provide a field or
frame averaging signal for 1dentification of a recerved video
signal.
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Alternatively, as shown i FIG. 4C, a delay element or
module 411B may be a PH (horizontal) line delay, wherein
PH, a real number, 1s greater than zero. For example, 1f a
difference mode 1s provided by module 412, and PH 1s greater
than or equal to 1, the difference signal between two succes-
stve television horizontal lines 1s provided for identification
purposes. Note that a summing mode from combining ele-
ment or module 412 may be used for example when summing
two or more successive television horizontal lines.

FIG. 4D illustrates an embodiment wherein a two dimen-
sional video frame or field 1s rotated to an angle 1n a range of
0 through 180 degrees inclusive for 1dentification purposes.
For example, rotating one or more frames or fields of a video
program by 90 degrees+/—10% and then taking pixel values or
frequency transforms 1n the horizontal direction provides a
signature for identification. A video signal from a known
database or a recerved video signal 1s coupled to a two dimen-
sional pixel/frame/field rotation function module 421. A one
dimensional signal from rotation function module 421 repre-
senting pixels 1n terms of horizontal lines, 1s provided at the
output of module 421. The output of module 421 1s then
coupled to transformation function 422 to provide frequency
components per horizontal line of the rotated image. The
frequency components as a function of horizontal lines are
then stored and used for comparison purposes for identifica-
tion.

In an example of a 90 degree rotation, the frequency com-
ponents in the up/down direction, or “columns,” are provided
from the input video signal (e.g., that 1s not rotated). Depend-
ing on the rotation angle of module 421, frequency compo-
nents are evaluated over a series of lines or segments for a
particular angle of the original video signal. That 1s, fre-
quency components via the one or more transforms can be
evaluated over one or more curves within one or more video
frames or fields. For example see curves C1, C2, C3, C4, C5,
and or C6 1n FIG. 4H. Note that a curve may include one or
more local portions of straight and or curved segments. Alter-
natively, a spiral, arc, segment, and or a closed boundary of a
region may form a curve. Thus, the frequency components
that are evaluated over one or more curves within one or more
portions of one or more video frames/ficlds may be stored in
a database for known or 1dentified movies or video programs
for comparison with a received (unknown) video program for
identifving the recerved video program.

FIG. 4E shows an example of frequency transformation
modules or functions, 422A. Example of transforms include
Discrete Cosine Transform, Fast Fourier Transtform, Wavelet
Transform, Fourier Transform, Short Time Fourier Trans-
form, or the like. An output of the rotation function 421, or a
processor, that provides pixels along a curve within one or
more video frames or fields of the input video source (e.g.,
known or 1dentified video source(s) and or recerved or incom-
ing video program) may be coupled to module or function
422 A. An output of module or function 422A, for example,
provides (frequency) transformations of a signal from rota-
tion function module 421 or frequency transforms from pixels
along a curve of one or more fields or frames of the nput
video source.

FIG. 4E alternatively shows using a filter bank module
4228 for frequency analysis, which can be used with, or
instead of, the transform examples of function or module
422 A. A filter bank may be preferable 1n some 1nstances, such
as when quicker computation or analysis of the frequency
components 1s required (e.g., frequency components as a
function of time.).

A filter bank with an optional histogram 1s coupled to a
video source to provide frequency component amplitude as a
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function of time for identification purposes. In F1G. 4F, a filter
bank 22B or 24B may substitute for rendering function or
circuit 22, 22A, 24, and or 24 A of previous FIGS. 4A and 4B.
A filter bank allows for a faster assessment 1n determining or
measuring frequency components of a signal as a function of
time, versus using Short Time Fourier Transforms or Fourier
Transtforms. Thus, a library of known or identified video
programs and or movies provides a database of frequency
components as a function of time via a filter bank. It follows
that these frequency components, and or a time code refer-
ence, may be stored and compared to an incoming video
signal that 1s coupled to a filter bank that provides frequency
components of the received video signal. A comparison of the
frequency components of the received video signal and the
database of frequency components of known video material
or programs, enables idenfification of the incoming or
received video program. Typically a video bandwidth 1s less
than 1-2 MHz for low definition television, or greater than 1
MHz for standard or high definition television standards. For
example, a video bandwidth 1s 4 MHz or more for standard
definition television, or greater than 10 MHz for high defini-
tion television. A filter bank may include one or more filters
that are of low pass, band pass, and or high pass characteristic.

Alternatively, a filter bank may analyze audio signals from
one or more channels of the video source or from an audio
source (e.g., song, CD, audio track, record, etc.) 1n a similar
manner as described above for 1dentification. Here the filter
bank comprises one or more filter bands 1n an audio range
(e.g., within and or inclusive from 20 Hz to 20,000 Hz). For
audio, a filter bank may include one or more filters that are of
low pass, band pass, and or high pass characteristic.

FIG. 4G shows an embodiment of a filter bank system
comprising a set of filters, detectors, and a display and or
storage device. A signal 1s coupled to an input or inputs of one
or more {ilters as denoted by H1 (441), 112 (442), H3 (443),
and or Hn (444). The output of the one or more filter(s) 1s
coupled to an mput of one or more detector(s), Detl (445),
Det2 (446), Det3 (447), and or Detn (448). The output of the
one or more detector(s) 1s coupled to one or more 1nput(s) of
a histogram function 449, which may be implemented as a
module or element. An output of the histogram function 449
then provides a signal for a multiple band of frequencies
whose energy, voltage or current 1s indicated, measured, and
or stored as a function of time. For example, the output signal
from histogram function 449 provides a “real time” spectrum
analysis and 1s an alternative to a Short Time Fourier Trans-
form of the mput signal. Detectors Detl to Detn may 1nclude
envelope detection, rectification, an even power function
(e.g., squaring function or circuit or power of 2 or power of 2s,
where s 1s an element of a positive integer), and or filter.
Histogram function 449 may include a sampling circuit or
function via an optional latch control signal, to provide an
integrated voltage, energy, power, or current per a specified
time period at an output of the histogram function 449. An
example of one or more filters’ frequency response for a filter
bank may be seen 1n FIG. 9A, sub-bands B1 through BN.

FIG. 4H shows an embodiment of masking or constraint to
analyze pixels and or the pixel’s frequency content over a
curve or region within a television frame or field. Conven-
tionally, a television horizontal line within one or more fields
or frames of a video signal 1s analyzed for frequency content
within a horizontal time period. FIG. 4H shows a modified
approach which includes curved and or straight segments
within one or more television fields or frames from the video
signal to provide frequency content information along the one
or more curves or segments. Frequency content information
along the curve or segment provides a reduced amount of data
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versus analyzing frequency content of the entire field or
frame. This reduced amount of data utilizing curves and or
segments provide a more efficient use of storage and or more
eificient way of identifying video programs. Example of
curves 1n FI1G. 4H include C1, C2, C3, C4, C5, and or C6.

To analyze one or more fields or frames of a video signal for
identification purposes, the entire area of the field or frame
may not be necessary to provide the analysis. FIG. 4H shows
examples of regions within a field or frames which provide
suificient pixel and or frequency content information. Thus,
one or more regions may be gated in/through, or alternatively
one or more regions may be masked ofl when analyzing one
or more field or frame of a video signal. As denoted 1n FIG.
4H, regions, R1, R2, R3, R4, RS, and R6 show examples of
gating through, or in a complementary manner, masking at
least part of the picture area for pixel and or frequency analy-
s1s. An entire or whole field or frame 1s denoted as 451.

For example 1n FIG. 4H, pixel analysis may include aver-
age luminance or chroma/color level at one or more regions
per frame or field. Alternatively, for one or more regions per
frame or field, frequency analysis may be provided such as
Fourier Transtform, Fast Fourier Transtform, or the like for 1 or
2 dimensions (e.g., of luminance, chrominance, and or color
signals).

FIG. 41 shows an embodiment of various types of frames
included 1 video compression such as MPEGxx. From
“Digital Video: An Introduction to MPEG?2” by Haskell, Pur,
and Netravali, pictures coded using Bidirectional Prediction
are known as B-frames or pictures. Reference pictures for
B-pictures must be either P-pictures or 1 pictures, and refer-
ence pictures for P-pictures must be either P-pictures or I-pic-
tures. In terms of 1identification, I, P, and or B frames may be
coupled to a difference module, such as illustrated in F1G. 4B,
for processing. The output of combining element or module
412 then provides processed I, P, and or B frames as a signal
that can be stored for known video programs and used as a
reference to i1dentily an incoming or receirved video signal
with I, P, and or B frames that are similarly processed with
modules 411 and 412.

Predictive Motion Vector (PMV) or motion vector (MV) 1n
a compressed video stream may be analyzed as a function of
time for identification of a video signal. One parameter
related to motion vectors 1s: delta=2x(MV-PMYV) or the
absolute value of delta=(motion_code-1)x(2 r_size)+mo-
tion residual+1. The values (or difference in values, e.g.,
“present” minus delayed values) of delta or absolute values of
delta may be stored as a function of time and used for 1den-
tification of a video program.

FIGS. 4B, 4C, 4D, 4E, 4F, 4G, 4H, and or 41 represent
examples of one or more rendering modules, apparatuses,
methods, or functions that may be utilized 1n FIG. 4A for
rendering function 22 and or 24. FIG. 4A (which may include
any portion from FIGS. 4B to 41, inclusive) may be used 1n
combination with one or more modules/blocks/methods from
FIGS. 1, 2, 3, 5B, 5C, 5D, 6B to 10 to provide identification
of an audio and or video program.

FI1G. 5A, FIG. 5B, FIG. 5C, and/or FIG. 5D 1illustrate an
example of rendering, which may be used for identification
purposes. FIG. SA shows a circle prior to rendering.

FIG. 5B shows the circle rendered via a high pass filter
function (e.g., gradient or Laplacian, single derivative or
double derivative) 1n the vertical direction (e.g., v direction).
Here, edges conforming to a horizontal direction are empha-
s1ized, while edges conforming to an up-down or vertical
direction are not emphasized. In video processing, FIG. 5B
represents an 1mage that has recerved vertical detail enhance-
ment.
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FIG. 5C represents an image rendered via a high pass filter
function 1n the horizontal direction, also known as horizontal
detail enhancement. Here, edges conforming to an up-down
or vertical direction are emphasized, while edges 1n the hori-
zontal direction are not.

FIG. 5D represents an image rendered via a high pass filter
function at an angle relative to the horizontal or vertical
direction. For example, the high pass filter function may
apply horizontal edge enhancement by zigzagging pixels
from the upper leit corner or lower right corner of the video
field or frame. Similarly zigzagging pixels from the upper
right corner or lower left corner and applying vertical edge
enhancement provides enhanced edges at an angle to the X or
Y axes of the picture.

By using thresholding or comparator techniques to pass
through the enhanced edge information on video programs,
profiles of the location of the edges are stored for comparison
against arecerved video program rendered 1n substantially the
same manner. The edge information allows a greater reduc-
tion in data compared to the original field or frame of video.

The edge information may include edges 1n a horizontal,
vertical, off axis, and or a combination of horizontal and
vertical direction(s), which may be used for identification
purposes.

FIG. 6 A 1s a graph illustrating a typical frequency range 31
of a high fidelity sound track, which extends from 20 Hz to
20,000 Hz. Other frequency ranges may be narrower or wider
depending on the playback system. For instance, 50 Hz to
15,000 Hz 1s considered high fidelity for TV broadcasting 1n
the past (e.g., analog transmission ). Within this wide range of
the frequency spectrum, music and voice signals are included.
For speech processing or recogmition, the spectrum of the
speech or voice signals 1s masked or interfered with by music.

FIG. 6B 1s a graph 1illustrating a typical voice frequency
spectrum 32 between frequencies 11 and 12. For example,
11=100 Hz and 12=33500 Hz. A typical voice spectrum of
about 3400 Hz bandwidth may be too wide to allow separat-
ing music from voice. Instead, a narrower bandwidth such as
1.8 KHz to 2 KHz 1s usually suilicient for intelligibility pur-
poses, and this bandwidth will further separate the voice from
the music signals. This narrow audio bandwidth signal (1.8
KHz to 2 KHz) may be coupled to a voice recognition or
speech processor system for conversion into text in an
embodiment.

FIG. 6C illustrates an embodiment having a more restric-
tive bandwidth 33 for voice, which provides further separa-
tion of voice signals from music, for coupling into a speech

recognition algorithm. For example the typical bandwidth
(14-13) may be below 1.8 KHz such as 1.2 KHz to 1.6 KHz

(e.g., 14=1.3 KHz to 1.7 KHz, 13=100 Hz).

FIG. 6D illustrates an embodiment having a frequency
translation of the voice audio spectrum of FIG. 6C via spec-
trum 34, which can provide improved characteristics for the
speech recognition algorithm. For example 13 T=t3+transla-
tion frequency and or 14 T=t4+translation frequency. In this
example, the pitch of the narrow bandwidth voice spectrum 1s
translated up and coupled to a speech or voice recognition
system for text conversion. A typical (upward) translation
frequency 1s 1n the range o1 0 Hz to about 500 Hz.

FIG. 6E shows a narrow band audio spectrum 335 residing
in a higher band of frequencies than illustrated 1n FIG. 6C
(spectrum 33). Thus, 15>13 and or 16>>14. The band of {re-
quencies 35 may be indicative of voices of a higher pitch
(children) or normal pitch (adults), which may be coupled to
a speech or voice recognition system for converting into text.

FIG. 6F shows a (downward) translated spectrum 36 of the
narrow band spectrum of FI1G. 6E. For example, the frequen-
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cies IST=I5-translation frequency and or 16 T=I6-translation
frequency. A typical (downward) translation frequency 1s 1n
the range of 0 Hz to about 1000 Hz.

FIG. 7A 1llustrates a general block diagram of an embodi-
ment. Audio from a video program or movie 1s coupled to the
input of a processor 41, which includes frequency translation
circuitry (digital and or analog domain) and or a distortion
generation system. The output of processor 41 1s then coupled
to a speech to text converter 42.

FIG. 7B illustrates an example filter 43, which may be used
in limiting the bandwidth of an audio signal, such as shown 1n
any of FIGS. 6B through 6F, or used 1n the implementation of
the frequency translation and or distortion generation system.

Filter 43 may be implemented in software, firmware, DSP
(Digital Signal Processing), and or in the analog domain.

FIG. 7C shows an illustration of a frequency translation
system 44, which may translate a set of frequencies or band of
frequencies up and or down. Generally, system 44 1ncludes
one or more signal multiplier(s) and filter(s). For example, a
double sideband amplitude modulator (suppressed or unsup-
pressed carrier) coupled to a filter (e.g., bandpass, highpass,
reject, and or lowpass) to provide a frequency translated
version (translated upward or downward). Generally, an
audio signal 1s provided to the input of the system 44, which
provides a frequency translated output from system 44 via its
amplitude modulators and or multiplier function and filters.
U.S. Pat. No. 5,471,531 by Quan, incorporated by reference,
discloses the use of two carriers to produce a difference
frequency as the translation frequency.

FIG. 7D illustrates another frequency translation system
using a single sideband modulator 45. Here, the single side
band (SSB) system comprises an 1QQ modulator (O degree
carrier and 90 degree carrier provided to the carrier inputs of
the modulator). The SSB system includes a Hilbert transform
of the audio signal to provide an audio signal, of relative
phases 0 degrees and 90 degrees, into the audio mputs of the
IQ multipliers or modulators. Frequency translation 1s pro-
vided depending on whether a summing or subtracting pro-
cess 1s provided via the (IQ) output of the two multipliers.
U.S. Pat. No. 5,159,631 by Quan et al, incorporated by ref-
erence, discloses a method of direct frequency translation of
audio signals in the up or down direction.

FIG. 7E 1llustrates another embodiment or system whereby
audio from a movie or television program 1s coupled to a filter
51, typically a very narrow band filter. The output of filter 51
1s coupled to a frequency translation system 52, which
includes modulation function(s) and typically includes any
combination of an all pass, or phase shifting network or
system, low pass, band pass, and or high pass filtering func-
tion or circuit. The output of system 52 1s coupled to a speech
to text converter 53, for example, speech recognition soft-
ware. Text information from converter 33 may be coupled to
a storage device 54 for retrieval purposes.

FIG. 8A 1llustrates a system for providing signal process-
ing of a narrow band audio signal to reproduce harmonics of
the fundamental frequencies of voice signals for enabling
voice recognition. The narrow band audio signal 1s derived
from a sound track or audio channel via a first filter 61, which
may have less than a 1.8 KHz bandwidth. The output of the
filter 61 1s then coupled to a harmonic generator 62 (e.g.,
nonlinear transformation) to synthesize one or more harmon-
ics from the output signal of filter 61. For example, the narrow
band filtering from filter 61 allows more rejection of other
signals such as music. Since voice Tundamental frequencies
of adults range from about 120 Hz to about 240 Hz, 1t 1s
possible to provide, in one example of filter 61, a band pass
filter of frequencies from about 100 Hz to 300 Hz for the pass
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band. The output of this exemplary 100 Hz to 300 Hz filter 1s
then coupled to the harmonic generator 62 to reproduce nth
order harmonic(s) up to about 2 KHz or to 3 KHz. Although
the temper, or pitch, of the voice may be changed from its
original, the summation of the fundamental frequencies from
the output of filter 61 plus the synthesized harmonics of
harmonic generator 62 combine to provide a “voice™ suitable
for speech recognition. The harmonic generator 62 provides a
weilghted coetlicient (scalar value) for any set of harmonics
from 1 to N. Note the first order harmonic 1s defined as the
fundamental frequency. That 1s, 1n one example, the harmonic
generator (passes) combines the output of filter 61 with (sca-
lar multiplied) harmonics of signals from filter 62. The output
of generator 62 1s coupled to a second filter 63 to remove any
extraneous distortion products that may hamper speech rec-
ognition (e.g., low frequency distortion below 100 Hz, and or
high frequency distortion above >1.8 KHz). Filter 63 may
also 1clude equalization to shape the voice temper prior to
coupling, via a summing function 64, to a speech recognition
processor 65, which converts the speech to text.

Alternatively, any portion or all of the voice and/or audio
spectrum provided via the filter 61 may be combined with
welghted sums of harmonics (as 1llustrated by dashed line
66), to provide an audio signal for the speech recognition
processor 65 for conversion to text.

FIG. 8B illustrates another embodiment of a nonlinear
transformation (e.g., to FIG. 8A) using a filter bank 71 or
sub-bands. The filter bank 71 divides a (voice) audio spec-
trum 1nto multiple parts or portions. Each portion includes a
narrow band of frequencies (e.g., <100 Hz, typically 10 Hz to
50 Hz of bandwidth), which 1s then coupled to a non linear
transformation system or circuit to provide harmonic(s) from
one or more of the signals from the sub-bands. By dividing an
audio spectrum 1nto a set of smaller spectrums and coupling
them to individual harmonic generators, intermodulation dis-
tortion 1s reduced or eliminated substantially 1n the signal
provided from the output of the non linear transformation
function.

For example, suppose two signals within a wider band
spectrum includes sin{w1)t+sin(w2)t, which 1s then coupled
to a second harmonic generator or squaring function. The
resulting frequencies from the output of the squaring function
are: (ml-mw2), (m1+mw2), which are intermodulation product
frequencies that are not desirable, and the desirable harmonic
frequencies 2wl, 2m2.

Now suppose that each sinusoidal signal sin(w1)t and sin
(w2)t are filtered by two band pass filters, one band pass filter
passing at frequency col and another band pass filter passing,
the signal at w2. For each output of the two band pass filters,
the signals are individually coupled to separate harmonic
generators (€.g., squaring circuit). Then a first squaring cir-
cuit or function provides a signal of frequency 2wl and a
second squaring circuit or function provides a signal of fre-
quency 2m2. A combiming circuit receiving the outputs of the
individual harmonic generators then outputs the desired sig-
nal of frequencies 2w1 and 2mw2. The combining circuit may
include a filter to remove low frequency signals (e.g., signals
below the spectrum of the voice spectrum).

FI1G. 8B thus illustrates the filter bank 71, or multiple band
pass filters, which provide sub bands of an audio spectrum or
voice audio spectrum of two or more center {frequencies.
Thus, two or more outputs of the band pass filters, e.g., of the
filter bank 71, are coupled to two or more harmonic genera-
tors or non linear transformation systems 72. The outputs of
the two or more harmonic generators, or non linear transior-
mations system 72, are coupled to two or more filters 1n the
system 72, to provide one or more harmonics from the signals
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of two or more band pass filters. The harmonics from 1st
harmonic to Nth harmonic may be scaled with a gain factor or
scaling function. The output of system 72 1s coupled to a
combiner 73 which sums harmonics and or fundamental fre-
quencies from two or more sub bands of the voice or audio
spectrum. The output of the combiner 73 may be coupled via
a summing function 74 to a speech recognition processor 75,
for conversion of speech to text.

Alternatively, any portion or all of the voice and/or audio
spectrum provided via filter bank 71 may be combined with
welghted sums of harmonics of two or more sub bands (as
illustrated by a dashed line 76), to provide an audio signal for
the speech recognition processor 75 for conversion to text.

FIG. 9A 1s a graph illustrating an example of dividing a
frequency spectrum, whose bounds are 11 and 12 with sub-
bands B1, B2, B3, B4, . . . BN, where N=number of sub-
bands. B0 1n dotted line may represent substantially the total
spectrum from Bl through BN. Example frequencies for 11
and 12 (frequency range of B0) are: 150 Hz and 400 Hz, or 100
Hz and 300 Hz, respectively. In an example where N=5, the
sub bands may include B1=150 Hz to 200 Hz, B2=200 Hz to
250 Hz, B3=250 Hz to 300 Hz, B4=300 Hz to 350 Hz, and
B5=350 Hz to 400 Hz, and with B0=250 Hz. Of course, other
numbers for N, 11, 12, and or Bi (where the index 1 1s an
clement of non negative integers) may be used. An objective
for dividing a spectrum (e.g., audio voice spectrum) into
sub-bands 1s to allow for one or more sub-bands to be coupled
to a distortion generation system, or non linear transforma-
tion, such that substantially harmonic distortion 1s produced
while minimizing intermodulation distortion. The harmonic
distortion provided via the sub-bands allows a band limited
(audio frequency) spectrum, which 1s normally unintelligible
to hearing or to a speech recognition system, but allows
greater separation between voice information and music, to
produce missing harmonics of the wider bandwidth or voice
frequency spectrum.

For example, the voice frequency spectrum 1s typically 150
Hz to 2500 Hz. By filtering a small portion of the voice
frequency spectrum such as 150 Hz to 300 Hz, this small
portion of the voice frequency spectrum would normally be
too muilled sounding or unintelligible to allow recovery by a
voice recognition system. By using the sub-band technique
with multiple filters and distortion generators, the missing
harmonics from 300 Hz to about 2500 Hz are provided. These
generated missing harmonics (300 to 2500 Hz) combined
with the 150 Hz to 300 Hz spectrum, provides intelligibility
and or voice recognition by the recognition system for con-
version 1nto text.

FIG. 9B illustrates an exemplary system for generating
harmonics while minimizing intermodulation distortion. A
signal (analog, digital or discrete time) 1s coupled to a filter
bank comprised of one or more of: B0, B1 BN, as noted by
filters 91, 92 and or 93. The output of one or more filters from
B1 through BN 1s coupled to one or more distortion generat-
ing systems or non linear transformations (DIST1 ... DISTN)
as noted by numerals 94 and 95. The distortion generating
systems or non linear transformations may each provide one
or more harmonics from the sub band filter (bank) and may
include a filter (high pass, low pass, band eject, and or band
pass characteristic) to further remove extraneous signals,
unrelated to the harmonic frequency. The one or more outputs
from the distortion generators or non linear transformations
are combined via a summing circuit or function 96. For voice
recognition and or intelligibility, the fundamental frequencies
are not always required, and harmonics above 250 Hz to 300
Hz are sufficient. Thus, the combiming circuit or function 96
may receive outputs only from the harmonic generators or
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nonlinear transformations. Alternatively, the summing circuit
or function 96 may receive an output from filter 91 (B0) of
fundamental frequencies (e.g., of voice frequencies) and one
or more outputs of harmonic generators or non linear trans-
formations. The output of the summing circuit 96 may be
coupled to a filter 97 for shaping the “voice” frequency (e.g.,
equalizing frequencies) or for further removal of signals
whose frequencies undesirably hamper voice recognition or
intelligibility. For example, removal of low frequency distor-
tion signals that are out of the band pass of any filter B0
through BN. The output of optional filter 97 or summing,
circuit or function 96 may be coupled to a voice recognition
system, for example, for conversion of audio signals to text.

FIG. 9C illustrates an exemplary nonlinear transformation
function, system, and or circuit 100. A band of frequencies
supplied via a filter or filter bank 1s coupled via a terminal 112
to both mputs of a multiplier 101 (M2), which provides sum
and difference frequency signals of the iput signal. The
output of the multiplier 101, 1s coupled to a filter 102, which
passes the second harmonic signals from the iput signal
supplied at terminal 112. The output of filter 102 1s coupled to
a scalar function 104 (K2) which may include phase shifting
and or attenuation or gain of the signal. Thus a scaled and or
phase shifted version of the second harmonic of the input
signal 1s coupled to a combining function or circuit 111 along
with a scaled version of the input signal via a scalar function
110 (K1), that includes the fundamental frequencies, which
also are coupled to the combining function or circuit 111.

To provide higher order harmonics, the process 1s substan-
tially repeated with one or more mixers, multipliers, and/or
modulators. For example, to provide a third harmonic signal
from the mput signal, the output of the second harmonic filter
102 1s coupled to a first input of a multiplier 103. The second
input of multiplier 103 1s coupled via terminal 112 to the input
signal, wherein the signal includes the fundamental frequen-
cies. The output of the multiplier (imixer) 103 then includes a
third harmonic signal, which 1s passed via a third harmonic
filter 105. The output of filter 105 1s then coupled to a scaling
tfunction 107 (K3), whose output 1n turn 1s coupled to the
combining function or circuit 111.

Similarly, an nth multiplier (mixer) 1s used to provide an
nth harmonic frequency of the input signal. For example, the
(n—1)th harmonic from a series of filters and mixer/multipli-
ers 1s coupled to a first input of an nth multiplier/mixer 106.
The second input of the nth multiplier/mixer 106 1s coupled to
the mput signal, whereby the output of the nth multiplier/
mixer 106 includes an nth harmonic of the mput signal along,
with other distortion products. The output of the multiplier/
mixer 106 1s coupled to the input of an nth harmonaic filter 108.
The output of the filter 108 1s scaled via a scaling function 109
(1(n), to supply gain, attenuation and or phase shiit to the
combining function or circuit 111. It follows that the output
113 of the combining function or circuit 111 then includes
any combination of fundamental and or harmonics of the
input signal (e.g., as determined by scaling coefficients Ki,
where the index denoted by “1” 1s an element of positive
integers ).

FIG. 9D shows another example of a nonlinear transior-
mation system 130 utilizing a nonlinear function/circuit 132
such as a system 1ncluding one or more circuits, transistors,
and or diodes. An input signal 131 1s coupled to the nonlinear
function/circuit 132, which produces one or more harmonics
of the input frequencies of signal 131. The output of nonlinear
tfunction/circuit 132 1s coupled to one or more filters 134, 136,
and or 138, to provide one or more harmonics. Scaling or
phase shifting 1s provided by scaling functions 135, 137, and
or 139 of any combination of second order to nth order har-
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monics. The output(s) of the scaling function(s) or circuit(s)
1s coupled to a combining function or circuit 141, and the
output thereotf includes a scaled version of the fundamental
frequency of the input signal and or any harmonic of the input
signal.

FIG. 9E depicts an exemplary embodiment for frequency
translation of an 1nput signal. This frequency translation may
move or shift the spectrum of the iput signal upward or
downward. For example, the frequency translation effect can
alter the pitch of an audio mput signal to a higher or lower
pitch. FIG. 9E provides multiplication of signals for fre-
quency translation purposes using the following trigonomet-
ric 1identities:

cos(u+v)=[cos(u)][cos(v)]|—[smn(z)][sin(v)],

cos(u—v)=[cos(u)][cos(v)]|+[sm(z)][sin(v)], and or cos
(x)=cos(—x), sin{—x)=-—sin(x).

For an example, a zero (0) phase signal may be denoted by
a cosine function, and a 90 degree phase shifted signal may be
denoted by a sine function (or vice versa depending on
whether a plus or minus 90 degrees shiit 1s implemented).

Accordingly, 1n FIG. 9E, a band limited signal, (e.g., input
signal’s frequency spectrum>=100 Hz) 1s coupled via an
input terminal 151, to a phase shifting function, or equiva-
lently, a Hilbert Transtorm system 152. The output of phase

shifting (Hilbert) system 152 provides 0 degrees and 90
degrees phase versions of the mput signal. One output of the
system 152 1s coupled to a first input of a multiplier/mixer
154. The other mput of multiplier/mixer 154 1s coupled to a
generator 153 whose frequency, 11, determines or provides
frequency translation of the input signal. It 1s noted that the
phase of the frequency 11 for generator 153 1s at 0 degrees.
The output of the multiplier/mixer 154 1s coupled to a com-
bining function/circuit/system 157. A 90 degrees output of
the phase shifting (Hilbert) system 152 1s coupled to a first
input of another multiplier/mixer 155. A second iput of
multiplier/mixer 155 1s coupled to a 90 degrees phase shifted
signal of an 11 generator 156. The output of the multiplier/
mixer 156 1s coupled to the combining function/circuit 157.

Referring back to the trigonometric identities above, 1t 1s
observed that an upward frequency translation of the input
signal 1s provided by setting the combining function/circuit
157 as a subtraction function of the outputs of multipliers/
mixers 154 and 155. Alternatively, a downward frequency
translation of the input signal 1s provided by setting the com-
bining function/circuit 157 as an addition function of the
output of the multipliers/mixers 154 and 1355. The output
terminal 158 of combining function/circuit 157 provides ire-
quency translation of the input signal’s spectrum. It should be
noted that the put signal’s spectrum does not have fre-
quency components to O Hertz or DC (Direct Current). The
apparatus 1n FIG. 9E allows for downward frequency shift of
the input signal, without shifting the input signal spectrum’s
frequency to DC or “wrapped” around frequencies near DC,
which would cause possible distortion. For example, 1 the
input spectrum has frequencies greater than 150 Hz, then the
frequency 11 may be set to 100 Hz to shift the input spectrum
down by 100 Hz, resulting 1n a new spectrum that 1s greater
than or equal to 50 Hz (150 Hz-100 Hz).

Another implementation of the method and apparatus of
FIG. 9E may be achieved by Weaver Modulation (e.g., for
single sideband generation) to avoid using the Hilbert Trans-
form system 152 by utilizing additional multipliers/mixer and
filters.
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The system of FIG. 9F provides frequency translation
transformation by relying on product to sum trigonometric
identities. One such identity 1s:

[cos(u)][cos(v)]=0.5[cos(u—v)+cos(u+v)],

which results when two signals of frequencies u and v are
multiplied, where sum and difference frequencies, (u+v) and
(u—v) are produced. A typically band limited signal 1s coupled
via an input 177 to a first input of a multiplier/mixer 171. A
second input of multiplier/mixer 171 1s coupled to a generator
or equivalent function for providing a frequency fA. The
output of multiplier/mixer 171 then includes the sum and
difference frequencies of the input signal’s spectrum and
frequency fA from the generator 172. A filter such as a band
pass filter 173 passes the sum frequencies, such as the input
signal’s frequencies A, to a first input of a second multiplier/
mixer 174. A second input of multiplier/mixer 174 1s coupled
to a generator or function 175 with frequency 1B. The output
of the multiplier/mixer 174 1s coupled to a second filter 176 to
provide a difference frequency spectrum such as: the input
signal’s frequencies (IA-1B). Depending on the selection of
tA and 1B, the (difference) frequency (1A—1B) may translate
up the input frequency spectrum 1t fA>1B, or translate down
the 1input frequency spectrum 1f TA<iB. Ergo, the output of
filter 176 provides a shifted frequency spectrum of the mput
signal (e.g., up or down) depending on the selection frequen-
cies TA and 1B.

It should be noted that any combination of frequency trans-
lation, filter banks, and or distortion generation (for any audio
signal) provides a method and apparatus for processing audio
signals for speech recognition purposes. Speech recognition
may include speech to text conversion, which subsequently
may be used for identification of movies or video/audio pro-
grams. Alternatively any combination of processing of an
audio and or video signal via any of the following processes
may be used for identification: frequency translation, filter
banks, distortion generation, closed caption information,
DVS audio signal converted to text, DVS audio signal Fourier
Transtorm including DCT, STFT, or Wavelet Transform,
AC-3 audio signal frequency analysis, time code, histogram,
Radon Transform of video signals, rendering of video signals,
SAP audio signal (spectrum analysis and or speech to text
conversion), teletext, and or movie scripts.

An example embodiment includes: A system for improv-
ing speech recognition of a speech to text converter compris-
ing; coupling an audio signal to an input of a band pass filter,
wherein the band pass filter provides a band limited spectrum
of the audio signal, coupling an output of the band pass filter
to an mput of a frequency translation circuit or function,
wherein an output of the frequency translation circuit or func-
tion shiits the band limited spectrum of the audio up or down,
and further coupling the output of the frequency translation
circuit or function to a speech to text converter to provide
improved speech recognition of the band limited spectrum of
the audio signal.

Another embodiment includes: a system for improving
speech recognition of a speech to text converter comprising;
coupling an audio signal to an mput of a band pass filter
system, wherein the band pass filter system provides one or
more band limited spectrums of the audio signal, coupling an
output of the band pass filter system to an input of a distortion
generation system and coupling an output of the distortion
generation system to an input of a frequency translation cir-
cuit or function, wherein an output of the frequency transla-
tion circuit or function shifts the band limited spectrum of the
audio up or down, and further coupling the output of the
frequency translation circuit or function to a speech to text
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converter to provide improved speech recognition of the band
limited spectrum of the audio signal.

Yet another embodiment includes: A system for improving
speech recognition of a speech to text converter comprising;
coupling an audio signal to an input of a frequency translation
circuit or function, wherein an output of the frequency trans-
lation circuit or function shifts a spectrum of the audio signal
up or down, further coupling the output of the frequency
translation circuit or system to an 1mput of a band pass filter
system, wherein the band pass filter system provides one or
more band limited spectrums of the audio signal, coupling an
output of the band pass filter system to an input of a distortion
generation system and coupling an output of the distortion
generation system to a speech to text converter to provide
improved speech recognition of the audio signal.

A tfurther embodiment includes: A system for processing
an 1put signal comprising; coupling the mput signal to an
input of a filter bank comprising two or more {ilters, wherein
the output of the filter bank includes two or more outputs, a
first output, a second output, and or an nth output, further
comprising coupling the first output, second output, and or
the nth output to one or more 1mputs of non linear transior-
mations, wherein the one or more outputs of the one or more
non linear transformations provides one or more harmonics
of the mput signal via the first, second, or nth output of the
filter bank, further comprising scaling and or combining two
or more outputs of the non linear transformations to provide
a processed signal.

Any of the embodiments described in relation to the FIGS.
6 A through 9F may by applied for identifying purposes, such
as 1n the processing function 9 of FIG. 1, for any audio track
providing SAP, sound track, and or DVS signals, which may
be used 1n combination with other identifying techniques and
or methods described previously in any FIGS. 1 through 5D.

FIG. 10 shows a diagrammatic representation of a machine
in the example form of a computer system 1000 within which
a set of instructions, for causing the machine to perform any
one or more of the methodologies discussed herein, may be
executed. In alternative embodiments, the machine operates
as a standalone device or may be coupled, e.g., networked, to
other machines. In a networked deployment, the machine
may operate 1n the capacity of a server or a client machine in
client-server network environment, or as a peer machine in a
peer-to-peer and/or distributed network environment. The
machine may be a server computer, a client computer, a
personal computer (PC), a tablet PC, a set-top box (STB), a
Personal Digital Assistant (PDA), a cellular telephone, a web
appliance, an audio or video player, a network router, switch
or bridge, or any machine capable of executing a set of
istructions, sequential or otherwise, that specily actions to
be taken by that machine. Further, while a single machine 1s
illustrated, the term “machine” shall also be taken to include
any collection of machines that individually or jointly execute
a set, or multiple sets, of 1nstructions to perform any one or
more of the methodologies discussed herein.

The exemplary computer system 1000 includes a data pro-
cessor 1002, e.g., a central processing unit (CPU), a graphics
processing unit (GPU), or both, a main memory 1004 and a
static memory 1006, which communicate with each other via
a bus 1008. The computer system 1000 may further include a
video display unit 1010, e.g., a liquid crystal display (LCD),
a cathode ray tube (CRT), or other imaging technology. The
computer system 1000 also includes an input device 1012,
¢.g., a keyboard, a pointing device or cursor control device
1014, ¢.g., amouse, a disk drive unit 1016, a signal generation
device 618, e.g., a speaker, and a network interface device

1020.
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The disk dnve umt 1016 includes a non-transitory
machine-readable medium 1022 on which 1s stored one or
more sets of instructions and data, e.g., software 1024,
embodying any one or more of the methodologies or tunc-
tions described herein. The instructions 1024 may also reside,
completely or at least partially, within the main memory
1004, the static memory 1006, and/or within the processor
1002 during execution thereol by the computer system 1000.
The main memory 1004 and the processor 1002 also may
constitute machine-readable media. The instructions 1024
may further be transmitted or received over a network 1026
via the network interface device 1020.

Applications that may include the apparatus and systems of
various embodiments broadly include a variety of electronic
and computer systems. Some embodiments implement func-
tions in two or more specific interconnected hardware mod-
ules or devices with related control and data signals commu-
nicated between and through the modules, or as portions of an
application-specific integrated circuit. Thus, the exemplary
system 1s applicable to software, firmware, and hardware
implementations. In exemplary embodiments, a computer
system, €.g., a standalone, client or server computer system,
configured by an application may constitute a “module” that
1s configured and operates to perform certain operations as
described herein. In other embodiments, the “module” may
be implemented mechanically or electronically. For example,
a module may comprise dedicated circuitry or logic that 1s
permanently configured, e.g., within a special-purpose pro-
cessor, to perform certain operations. A module may also
comprise programmable logic or circuitry, e.g., as encom-
passed within a general-purpose processor or other program-
mable processor, that 1s temporarily configured by software to
perform certain operations. It will be appreciated that the
decision to implement a module mechanically, 1n the dedi-
cated and permanently configured circuitry, or in temporarily
configured circuitry, e.g. configured by software, may be
driven by cost and time considerations. Accordingly, the term
“module” should be understood to encompass an entity that is
physically or logically constructed, permanently configured,
¢.g., hardwired, or temporarily configured, e.g., programmed,
to operate 1n a certain manner and/or to perform certain opera-
tions described herein. While the machine-readable medium
1022 1s shown in an exemplary embodiment to be a single
medium, the term ‘“machine-readable medium™ should be
taken to 1nclude a single medium or multiple media, e.g., a
centralized or distributed database, and/or associated caches
and servers that store the one or more sets of instructions. The
term “machine-readable medium™ shall also be taken to
include any medium that 1s capable of storing, encoding or
carrying a set of instructions for execution by the machine and
that cause the machine to perform any one or more of the
methodologies of the present description. The term
“machine-readable medium” shall accordingly be taken to
include, but not be limited to, solid-state memories, optical
media, and/or magnetic media. As noted, the software may be
transmitted over a network by using a transmission medium.
The term “transmission medium”™ shall be taken to include
any non-transitory medium that 1s capable of storing, encod-
Ing or carrying instructions for transmission to and execution
by the machine, and includes digital or analog communica-
tions signal or other intangible medium to facilitate transmis-
sion and communication of such software.

The 1llustrations of embodiments described herein are
intended to provide a general understanding of the structure
of various embodiments, and they are not intended to serve as
a complete description of all the elements and features of
apparatus and systems that might make use of the structures
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described herein. Many other embodiments will be apparent
to those of ordinary skill in the art upon reviewing the above
description. Other embodiments may be utilized and dertved
therefrom, such that structural and logical substitutions and
changes may be made without departing from the scope of
this disclosure. The figures provided herein are merely rep-
resentational and may not be drawn to scale. Certain propor-
tions thereol may be exaggerated, while others may be mini-
mized. Accordingly, the specification and drawings are to be
regarded 1n an 1llustrative rather than a restrictive sense.

The description herein may include terms, such as “up”,
“down”, “upper”, “lower”, “first”, “second”, etc. that are used
for descriptive purposes only and are not to be construed as
limiting. The elements, maternals, geometries, dimensions,
and sequence of operations may all be varied to suit particular
applications. Parts of some embodiments may be included 1n,
or substituted for, those of other embodiments. While the
foregoing examples of dimensions and ranges are considered
typical, the various embodiments are not limited to such
dimensions or ranges.

The Abstractis provided to comply with 37 C.F.R. §1.74(b)
to allow the reader to quickly ascertain the nature and gist of
the technical disclosure. The Abstract 1s submitted with the
understanding that 1t will not be used to interpret or limit the
scope or meaning of the claims.

In the foregoing Detailed Description, various features are
grouped together 1n a single embodiment for the purpose of
streamlining the disclosure. This method of disclosure 1s not
to be mterpreted as reflecting an intention that the claimed
embodiments have more features than are expressly recited 1in
cach claim. Thus, the following claims are hereby incorpo-
rated 1nto the Detailed Description, with each claim standing
on 1ts own as a separate embodiment.

The system of an exemplary embodiment may include
soltware, information processing hardware, and various pro-
cessing steps, which are described herein. The features and
process steps of example embodiments may be embodied in
articles of manufacture as machine or computer executable
instructions. The instructions can be used to cause a general
purpose or special purpose processor, which 1s programmed
with the instructions to perform the steps of an example
embodiment. Alternatively, the features or steps may be per-
formed by specific hardware components that contain hard-
wired logic for performing the steps, or by any combination
of programmed computer components and custom hardware
components. While embodiments are described with refer-
ence to the Internet, the method and system described herein
1s equally applicable to other network infrastructures or other
data communications systems.

Various embodiments are described herein. In particular,
the use of embodiments with various types and formats of
user interface presentations and/or application programming,
interfaces are described. It 1s apparent to those of ordinary
skill 1n the art that alternative embodiments of the implemen-
tations described herein can be employed and still fall within
the scope of the claimed mvention. In the detail herein, vari-
ous embodiments are described as implemented 1n computer-
implemented processing logic denoted sometimes herein as
the “Software”. As described above, however, the claimed
invention 1s not limited to a purely software implementation.

This disclosure 1s 1illustrative and not limiting. For
example, an embodiment need not include all blocks 1llus-
trated 1n any of the figures. A subset of block(s) within any
figure may be used as an embodiment. Further modifications
will be apparent to those skilled 1 the art in light of this
disclosure and are intended to fall within the scope of the
appended claims.
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What 1s claimed 1s:

1. A system for 1dentifying a received video signal com-
prising:

a database of 1dentified video programs comprising ditfer-
ence video field or video frame signals which also com-
prise differences of 1, P, or B frames from a compressed
received video derived from a first delay element;

a processor for processing the recerved video signal
wherein the processor comprises the first delay element
to provide a difference field or frame signal wherein the
received video signal 1s coupled to an mnput of the first
delay element and an output of the first delay element
provides a delayed received video signal by a field or
frame, and wherein the difference field or frame signals
are provided by subtracting the received video signals
from the delayed recerved video signals, or vice versa;
and

a comparator for comparing the difference field or frame
signal of the recerved video signal to the database of
identified video programs comprising respective differ-
ence video field or video frame signals, to provide 1den-
tification of the received video signal, wherein for the
compressed received video signal, the difference video

field or frame signals comprise subtracting the I, P, or B

frames of the received video signals from the I, P, or B

frames from the out at of the first delay element, or vice
versa, to provide identification of the received com-
pressed video signal.

2. The system of claim 1 including time code information
associated with the difference video field or video frame
signals 1n the database, further comprising:

a time code reader for providing time code of the received
video signal, to provide identification of the received
video signal by comparison of the database time code
information and difference video field or video frame
signals to the time code and difference field or frame
signal of the recerved video signal.

3. The system of claim 1 wherein the first and second delay
clements have a duration of at least one television field or
frame period.

4. The system of claim 1 wherein the difference frames
include I frames.

5. The system of claim 1 wherein the difference frames
include B frames.

6. The system of claim 1 wherein the difference frames
include P frames.

7. The system of claim 1 wherein the difference frames
include a difference signal provided by subtracting an I frame
signal from a P frame signal or subtracting a P frame signal
from an I frame signal.

8. The system of claim 1 wherein the difference frames
represent motional information.

9. The system of claim 8 wherein motional information
from the database 1s compared to motional information of the
received video signal to provide identification of the recerved
video signal.

10. The system of claam 1 wherein the first and second
delay elements have a duration of at least one television line.
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11. A method of identifying a received video signal, com-
prising:
providing a database of identified video programs compris-
ing difference video field or video frame signals which
also comprise differences of I, P, or B frames from a
compressed received video signal dertved from a {first
delay element;
supplying the recerved video signal to a processor compris-
ing the first delay element, to provide a difference field
or frame signal wherein the received video signal is
coupled to an input of the first delay element and an
output of the first delay element provides a delayed
received video signal by a field or frame, and wherein the
difference field or frame signals are provided by sub-
tracting the received video signals from the delayed
received video signal, or vice versa; and
comparing the difference field or frame signal of the
received video signal to the database of identified video
programs comprising respective difference video field
or video frame signals to provide i1dentification of the
received video signal wherein for the compressed
received video signal, the difference video field or frame
signals comprises subtracting the I, P, or B frames of the
received video signals from the I, P, or B frames from the
output of the first delay element, or vice versa, to provide
identification of the recerved compressed video signal.
12. The method of claim 11 including time code informa-
tion associated with the difference video field or video frame
signals 1n the database, further comprising:
providing time code of the recerved video signal; and
comparing the database time code information and differ-
ence video field or video frame signals to the time code
and difference field or frame signal of the recerved video

signal.
13. The method of claim 11 wherein the first and second

delay elements have a duration of at least one television field
or frame period.

14. The method of claim 11 wherein the difference frames
include I frames.

15. The method of claim 11 wherein the difference frames
include B frames.

16. The method of claim 11 wherein the difference frames
include P frames.

17. The method of claim 11 wherein the difference frames
include a difference signal provided by subtracting an I frame
signal from a P frame signal or subtracting a P frame signal
from an I frame signal.

18. The method of claim 11 wherein the difference frames
represent motional information.

19. The method of claim 18 wherein motional information
from the database 1s compared to motional information of the
received video signal to provide identification of the received
video signal.

20. The method of claim 11 wherein the first and second
delay elements have a duration of at least one television line.
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